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PUBLIC ADDRESS SYSTEVS 


The earliest models of microphones and headphones were de- 
signed for the original telephone systems which had a compara- 
tively short operating range over wired circuits, Many devices 
were developed to extend this range and shortly after the in- 
vention of the triode tube, the telephone companies built the 
first "electronic repeaters" which now are known generally as 
audio amplifiers, 


With the advent of Broadcast Radio, telephone types of micro- 
phones were used for transmission and headphones for reception 


to make up what can be thought of as a Wireless telephone system, 


However, the requirements of radio differ quite widely from 
those of a telephone, At the transmitter, the microphone must 
be more sensitive to pick up sounds over a larger area and must 
respond to a much wider band of frequencies than required for 
speech only. At the receiver, the signals must be reproduced 
at a volume level high enough to be heard easily and distinctly 
without holding a headphone to the ear, 


With the rapid growth of radio, the original telephone units 
were modified to meet the new requirements and naturally, new 
and improved types were developed. Then, it became evident 
that if the audio amplifier of a radio receiver could raise 
the level of the weak signals of the detector output it could 
do the same for the output of a microphone connected directly 
to it. Thus, by the use of a microphone, audio amplifier and 
one or more speakers, the voice of a person can be reinforced 
and increased to almost any desired volume level. Used mainly 
at large gatherings, arrangements of this type are known usual- 
ly as Public Address Systems. 


In general, a public address system includes one or more micro- 
phones and other pickup devices, one or more audio amplifiers 
and one or more speakers each capable of “handli: si 

power, There are many specific applications. for ‘equipment of 
this type which today will be found in practically all audi- 
tor iums , churches, clubs, ballrooms, baseball parks and other 
similar places which accommodate audiences” Targe. or small, 





SELECTION OF EQUIFVENT 


In the selection of equipment for any sound system, the size 
of | the installation, the use to which it is to be put, the 
quality” desired;~and the average noise level at the location 
must all be considered, The type of system used for a large 
outdoor audience at a race track or baseball park, where there 
is a large amount of audience noise, is quite different from 
that used for jroviding background dinner music in a restaurant, 
or for sound reinforcement in a concert hall. 


ae 
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These factors determine the power requirements, fidelity, am- 
plifier gain, controls, input sources, loudspeakers, and trans- 
mission lines, For outdoor gatherings such as fairs and picnics, 
where the size of the group may range anywhere from about 100 

to 25,000 people, and where the noise level is high, a portable 
system having sufficient power for adequate coverage and in- 
telligibility is needed, 


For an open air concert, where the audience may number from 
300 to 5000 people, the noise level is not high, and a medium 
power system capable of high quality reproduction is ‘needed, 
For a restaurant, where 50 to 300 people may be seated, the 
noise level is medium and a'fairly low power system having a 
mellow quality is desirable, For a dance hall the _systen 
should have a good bass mesponse. 

The desired characteristics of a system are obtained by the 
proper selection of parts which can be divided into the thre 


main divisions of (1) nput ate Sucly as Bee pk mor” hone 
pickups, and radio tuners , 


and types of speakers.” “Replifiers™ ou iors “Gy the nate 

and phonograph pichups have been” aeser ied ‘in dF eriouy assign- 
ments, However, in respect to their selection for use in p-a 

systems, the foll owing | review of their charac teristi es will 


be of benefit, 
MICROPHONES 


Although the output of the carbon microphones is relatively 
high, its response at the higher audio frequencies is low, 
therefore it is not generally employed for the pickup of music 
or other programs which require high fidelity reproduction, 
However, it does find application where speech frequencies only 
are involved, such as in police, amateur, and aircraft radio 
telephone systems, Other disadvantages of the carbon micro- 
phone are its high noise level due to» the great number of 
contacts presented by the large number of carbon granules, a 
tendency of the granules to pack together, and the effect of 
vibration, positioning, handling, etc. on its sensitivity. 

Its advantages are its comparative ruggedness and low cost, 


The condenser microphone has a better high frequency response 
characteristic with a much lower noise level than the carbon 
microphone, and is not affected appreciably by temperature, 
humidity, or ordinary handling. However, it is affected by 
cavity, diaphragm, and air-pocket resonances and its sensi- 
tivity is much lower than that of the carbon type. Because 
of this low sensitivity, a preamplifier is usually mounted 
in the same case or housing along with the microphone itself. 
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From the viewpoint of the sound engineer, this arrangement 
constitutes a disadvantage because preamplifier noises and 
failures are often encountered while the microphone is in use, 
It then becomes necessary to disconnect the microphone from 
its preamplifier and connect it to a spare while a program is 
in progress, These interruptions are highly undesirable and 
the condenser microphone is seldom encountered today except 
in special applications such as in laboratory test equipment. 


The dynamic microphone is popular for p-a systems and for re- 
mote pickups as well as studio work in ‘radio because of its 
adaptability. . Due to its low impedance, it may be used with 
iglded cabl¢é over considerable distances from its preampli- 
fier an han 












the advantage of mechanical ruggedness with a 
Lixity than the condenser type. Mos% dynamic 


microphones are capable of operating with uniform frequency 
response up to about seven or eight thousand cps_and their 
noise output is comparatively low. 


ee. 
A uniform frequency. res ponse up to about 15,000 cps can be ob- 
ain se~of-a-crystal microphone, which has low noise 


output, and is relatively inexpensive. The advantage of its 
high impedance is that the microphone output can be fed direct- 
ly into the grid of an amplifier tube without the necessity of 
an impedance matching transformer. However, the sensitivity 
of the crystal type is comparatively low and therefore it 
should not be located at too great a distance from its pream- 
plifier. The crystal microphone is non-directional, that is, 
it picks up sound equally well from all directions and the 
desirability of this characteristic should be considered in 
thé"Selection of a microphone for a particular application. 


Next to the crystal in its quality of frequenc} y response char- 
acteristic is the ribbon, or velocity, mi rovhone. Its sensi- 
tivity_is low, but “its impedance is low also and therefore it 
may be connected to its preamplifier by means of a conparativ ely 
long_ Shielded low impedance transmission line. That is, the 
preamplifier need not be close to the ribbon microphone as with 
the condenser and crystal types. However, it may be easily 
overloaded and sudden sounds such as gun shots, explosions, 
ete., may blow tie ribbon entirely out of the air gap. For 
this reason, a different type, such as a dynamic, is usually 
used for sound effects in radio studio work, ‘ 








The ribbon microvhone is bidirectional in that it is most 

responsive to sounds originating at its front and rear, but 
least responsive to sounds originating at its sides. This 
characteristic is of considerable value in the solution of 
some of the difficulties usually encountered in reverberant 
locations, because it reduces the effect of undesired sound 


2 
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reflections, Also, it increases the possibilities of obtaining 
better balance, clarity, naturalness and selectivity. When used 
for public address purposes, the directional characteristic of 
the ribbon microphone permits the reduction of feedback effects 
between the microphone and loudspeaker, 


MICROPHONE PLACEMENT 


Possible ribbon microphone placements illustrating the use of 
its directional chracteristics are given in the diagrams of 
Figure 1, In any particular direction the sensitivity is di- 
rectly proportional to the length of a line drawn from the 
microphone to the point where it intersects one of the circles. 


Figure 1A shows the general arrangement for a soloist and piano, 
The actual distance must be determined by the strength of his or 
her voice, but should not be less than 2 feet, As shown by the 

dotted-line piano, interesting effects may be obtained by chang- 
ing the angle of the piano with respect to the microphone, thus 

changing the ratio of reverberation to direct pickup. 


For stage plays, movements of the actors seeking advantageous 
positions may be avoided by utilizing its directional charact- 
eristics as shown in the arrangement of Figure 1B. If the 
microphone is used by a speaker seated at a table, it should be 
placed so that it picks up sound directly from the speaker 
rather than that reflected from the surface of the table, 


A studio arrangenent of a ribbon microphone, for soloist and 
orchestra is given in Figure 1C. Because artists and announcers 
eannot work closer than two (and vreferably three ) feet from the 
microphone, difficulty is sometimes exnerienced in obtaining the’ 
proper balance between the artist or announcer and the orchestra, 
This difficulty may be overcome by using two microphones, one 

for the orchestra and one for the artist or announcer. When 

this is done, the artist's microphone’ should be oriented so that 
its dead Zone is toward the orchestra, 

In public address work, usually the microphone can be placed with- 
in three or four feet of the speaker, but to prevent acoustic feed- 
back it should be arranged so that its direction of minimum pick- 
up is toward the loudspeaker system. In certain cases it may be 
necessary to have a microphone installed at each side of the 

stage to give the speaker the required freedom of movement. 


By unusual microphone construction, the bidirectional ribbon 
characteristics of Figure 2A can be combined with the nondirec- 
tional dynamic microphone characteristics of Figure 2B to pro- 
vide the cardioid shape of Figure 2C, For this reason the micro- 
phone is called unidirectional, and is useful where it is neces~ 
sary to discriminate against sounds coming from the rear which 
would be picked up by the bidirectional type, "ead 
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PHONO PICKUPS 


In a complete p-a system, it is desirable and often necessary 
to make provisions for the reproduction of phonograph records 
either to provide musical programs or supplement the voice 
and music of live performers, For this service, it is common 
practice to install a phonograph turntable and pickup the out- 
put of which is similar in frequency but of higher amplitude 
than that of most microphones. 


As previously explained, many types of phono pickups have been 
developed, but where cost is an important factor the best per- 
formance will be obtained from the crystal-type like those 
generally found in the better home type’ phonograph equipment 
designed for 10 inch or 1@ inch records, High fidelity magnetic 
and dynamic piclups are more expensive, but have a wider fre- 
quency range with lower distortion and are used mainly with 
equipment designed for the professional type of eos seas trans - 
scriptions, 


In many cases it is desirable that arrangements be made so that 
the p-a system can reproduce radio programs as they are broad- 
east. For this purpose there are special types of radio re- 
ceivers, called radio tuners, which include all the high fre- 
quency tuned circuits and terminate at the detector, As far as 
the p-a amplifier is concerned, this is merely another type of 
input and as the amplitude of its output compares quite closely 
to that of a phono pickup, usually it is connected to the phono 
input circuits of the amplifier. Some commercial p-a amplifiers 
provide a connection specifically designated as the radio input. 


Thus, a complete p-a amplifier may make provision for three 
types_of input signals, (1) Microphone, (2) and (3) Radio. 
These are classed according to the source of the signals because 
the-frequencies of all of them are in the audio band. The an- 
plifiers of the larger sound systems may include input circuits 
for one, two or more of each type of input with the necessary 
controls for each, 


P-A AMPLIFIERS 


The explanations of the earlier lessons described the various 
separate circuits of the main types of audio amplifiers and 
controls but, for e brief review, we show them all combined in 
Figure 5 and will trace the paths of the signals from the in- 
put circuits to the output transformer. 


Starting with input circuit of MIC. #2, the output of the 
microphone develons a voltage across the grid load R@ and thus 
applies the signal to the control grid of V2, The bias voltage 
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for this grid is obtained from the drop across R35 which carries 
the cathode currents of Vl and V2, The signal voltage on the 
control grid of V2 causes variations of plate current which, 

in turn, vary the voltage across the load resistance R10. 

These voltage changes are carried over to the left hand grid 
of V5 through coupling condenser C3 and potentiometer R12 which 
acts as’ the grid resistor and also as a volume control for this 
channel, sos 


The plate voltage for V2 is obtained from a tap on the voltage 
divider made up of resistances R11, R5 and R4, The screen-grid 
voltage is also obtained from this divider, but is tapped off 
between R5 and Rit, and thus the screen operates at a lower 
potential than the plate. The bias voltage for the left hand 
Le of V3 is obtained from the voltage drop across R13. 
With the signal applied to the left hand grid of V5, there will 
be a variation of current in the plate load resistance R15, 
and the voltage drop across it is carried over to the control 
grid of V4 through the coupling condenser and grid load R18. 
This coupling condenser is made up of C8 and C9 so that the 
total reactance can be controlled to a great extent by vary- 
ing the position of the contact of R17 which acts as a tone 
control. The screen grid and plate of the pentode V4‘ are con- 
nected together so that the tube operates as a triode, 


The plate circuit of tube V4 is coupled to the grid circuits 
of the output tubes, V5 and V6, by means of transformer Tl. 
Notice here, that instead of the usual center tap for push 
pull operation, the Secondary consists of two separate wind- 
ings to permit inverse feedback action by means of the voltage 
drops across resistors R22 and R24, The plate circuits of 
the output tubes are coupled to the speakers by output trans- 
former Te which has a center tapped primary and two secondaries, 
each of which has several taps to provide various output im- 
pedances for matching different combinations of speakers. 
When the output voltage of a microphone is applied to the MIC. 
#1 input channel, it will appear across Rl and be applied to 
the grid of tube Vl, Like V2, this tube obtains plate and 
screen grid voltages from a divider arrangement consisting of 
Rll, R7 and-R6_and its grid bias from the common cathode re- 
sistor R35, with its bypass condenser.C. Variations of voltage 
on the control grid cause changes of current in the load re- 
sistor R8&. 

The resulting variations in voltage drop are applied to the 
right hand grid of V3 through the coupling condenser Cl, and 
the tapped potentiometer R9, This, of course, assumes that 
the movable arm of R9 is in its present position or somewhere 
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between grounded center tap and the condenser Cl end, By 
changing the position of the arm of potentiometer R9, between 
the center tap and the coupling condenser C1 end, the amount 
of signal voltage from this channel can be controlled. Be- 
cause the plates of V3 are connected directly to each other a 
signal on the right hand grid of V3, is carried on through’ 
the succeeding stages the same as explained for channel #2. 


If the output of a phonograph pickup is applied across the 
phono input connections, there wil] be a corresponding voltage 
drop between the upner end of R9 and the grounded center tap, 
Therefore, to apply this signal to the right hand grid of V3, 
it will be necessary to set the movable contact of R9 some- 
where between its upper end and the center tap, The phono 
pickup feeds directly into the second stage of V3 because its 
output voltage is considerably hisher than that of a low-level 
microphone, and therefore requires less amplification. 


With the movable arm of R9 in ‘the position shown, the input 
signal to the right grid of V3 will be from the MIC. #1 channel, 
and when the arm is moved into the upper position, the input 
signal will be from the phono input. Thus, RQ not only con- 
trols the volume of these two channels, but it acts also as a 
fader so that the signal from either channel can be ap pplied to 
the right-hand grid of V3. In changing from one channel ‘to 

the other there is no sudden cut-off, but when moving the arm 
from one end to the other, after the volume of one input signal 
is reduced to zero, the volume of the other starts to increase, 
It is because of this gradual change from one signal source to 
another, that a control like R9 is commonly referred to as a 
Fader, 


We will assume that a pickup is connected across the phono in- 
put and the fader is in a position to apply the signal to the 
right-hand grid of V3, ‘Also, we will assume that a microphone 
is connected to the MIC. #2 channel, so that its output will 
be applied to the left grid of V3 through V2 and the coupling 
network, 


Under these conditions, there will be two separate and dis+ 
tinet signal sources applied to the respective grids of V3. 
However, because the plates of V3 are tied together, there 
can be but one value of signal current which will have a wave- 
form dependent on the values of the two signals, In other 
words, the signals will mix, and because this has been accom- 
plished electronically, a circuit of this kind is known as an 
Electronic Mixer, Notice that both the phono and MIC. #1 
channels can ‘be mixed with MIC. #2 channel, 

Thus control R9 serves as a fader x for the phono and MIC, #1 
channels as well as a volume control for each while control 
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R12 serves only as a volume control for the MIC, #2 channel. 
Opereter to ornee, these two controls serve as a mixer for 
signals in MIC, #2 channel and those in either the phono or 
MIC, #1 channels, 


Possibly you are wondering about the advantage of such an ar- 
rangement, and a good example is a piano accomnaniment for a 
vocalist, The usual procedure is to place one microphone 
elose to the piano and the other in a position so that the 
vocalist can be more or less at a distance from the accompany~ 
ing-music as indicated in Figure 1A. By properly manipulating 
the individual channel volume controls, the most desired sound 
devels of each can be obtained. Without a mixer, it would be 
necessary tO use only one microvhone; and it would be impossible 
to regulate the two signals separately in order to obtain the 
desired relative levels. 


rr MIXER CIRCUITS 
In addition to the mixer circuits shown by the schematic dia- 
gram of Figure 3, another simple arrangement employing two 
potentiometers is that shown by Figure 4A, lere, when the 
sliding contact of potentiometer R1 is moved to the lower, or 
ground end, there will be no signal input from source A to the 
amplifier tube Vi and the input from source B is regulated with 
potentiometer R2, When the slider on R2 is moved to its lower 
end, there will be no input from source B, and the input from 
source A may be adjusted with Rl. If inputs from both A and 

B are desired, their signal levels may be adjusted with their 
respective controls Rl and R@. However, this arrangement has 

a disadvantage of hum pickup because both sides of channel B 
are above ground. Aliso its stray capacitances to ground tend 
to cause attenuation of the high frequencies of channel A. 


A more satisfactory mixer arrangement, similar to that of 
Figure 3 and shown in Figure 4B, is to feed a single input to 
each grid of two tubes having a common plate load. This method 
results in isolating the inpit circuits sufficiently so that: 
the setting of one volume control has no effect on the other. 
Here, the signal from source A, appearing across Rl, is apvlied 
to the control grid of tube V1, causing variations in its plate 
current. Also, the signal from source B, appearing across Rey 
is applied to the control grid of tube V2 resulting in similar 
variations in its plate current, Since the plate currents of 
both tubes pass through the common load resistor R5, the volt- 
age variations across this resistor will correspond to the 
signals from both sources and will be coupled through condenser 
C3 to the following tube of an audio amplifier. The linearity 
of this mixer circuit can be improved considerably but with re- 
duced gain by the omission of the cathode bypass condenser Cl. 
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In order that similar settings of the controls will produce 
similar output voltages, in any mixing system it is desirable 
that the’ input voltages to all channels be as nearly equal as 
possible, Therefore, when the output of a low-level micro- 
phone is to be mixed with that from a phono _ pickup, usually 
it is necessary to incorporate one ‘stage to raise the micro- 
phone output level to that of the phono pickup. 


One such arrangement is employed in the input circuits of the 
preamplifier of Figure 3, where tubes Vl and V2 raise the sig- 
nal levels of MIC, #1 and MIC. #2, respectively, and the out- 
puts of both of these tubes are mixed in the V3 stage with that 
of the phono pickup. 


A samewhat larger mixing system which provides adequate con- ° 
trol of two microvhones and two pickups is shown in Figure 1c, 
The input signals from the phono pickups are controlled with 
potentiometers R5 and R4, respectively, which are connected 
in parallel with resistors R6 and R7 connected in series with 
the grid at Vi to wrevent the potentiometers shorting out one 
another, 


The microphone outruts of Figure iC are impressed separately 
on the grids of'a doubletriode tube. V2, thus providing com- 
plete isolation, Switch Sl provides a signal circuit from 
either microphone amplifier into tube V3 of the mixing stage. 
The input of V5 is controlled by means of the potentiometer 
R10 and isolation is provided by feeding the phono signals 
into tube V4, Finally, all the signals are combined across 
the common plate load resistor R13, and couvled to the follow- 
ing amplifier stage through condenser C5, The remaining com- 
ponents in this partial circuit are’ convention and thus their 
functions will not be repeated here, 


VOLUME CONTROLS «Seren 


So far we have given you a general explanation of the simple 
types of volume controls used in a-f systems, However, there 
are many different types of controls and circuits and, because 
of their importance, we are going to describe a few of then 
at this time, 


Starting with Figure 5A, we show the circuits of a magnetic 
type phonograph pickup P connected to the input of a triode 
amplifier tube V, The pickup generates a voltage and here, 
the entire resistance R is connected to serve as a load, 
With a complete circuit through P and R, the generated volt- 
age will cause a current in R which, in turn, will cause:a 
voltage drop, 
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The current will vary with the generated voltage and the volt- 
age drop across R will vary with the current in it. In this 
way, the voltage generated in the piclkun coil will appear across 
across the resistance, By making resistance R of the voten- 
tiometer type and connecting the grid return to the ground end 
and the control grid of V to the movable contact, a simple 


-yolume control jis provided... qe 


A eandine to Ohm's Law, voltage drop is equal to the current 
times the resistance and moving the arm of the enbiometer 
varies the amount of resistance in the grid circuit of the 


tube. Thus, by moving the arm, it_is Babies tS to vary the 
grid. voltage from 0 to the p across the entire re- 
sistance. Plate current through resistance Rl provides the 


necessary lecessary grid bias voltage for normal operation of the tube, 
I ne 



















For Figure 5B, we again have the units of Figure 5A, but the 
connections are changed so that the pickup connects from one 
end of the potentiometer to the moving arm, while the entire 
resistance is across the grid circuit at all times, As the 
arm is $ moved, the value of resistance across the mieleun: is 
Newbsed, _ ‘thus " changing both the cur current and voltage drop. 

The esa circuit consists of the entire resigtance R, the grid 
cathode resistance and bias*resistor Rl, As “the grid eirenit 
carries no current under usual operating conditions, there 
will be no voltage drop across that part of the potentiometer 
resistance which does not carry the pickup current, However,‘ 
plate current in R1 causes the voltage drop for the grid bias, 


Fer the circuit of Figure 5A, the entire resistance of the 
“Par tie errene of Figure 50, the load_on the pickup, while 
for the circuit of sige 5B, the entire resistance of the 
potentiomet in the Ft rae bet cinous circuit but, as the movable 
contact is ad =e for cenane Noles ifferent volume levels, the Joad’o load on 
the pickup will be —the pickup will be changed, ° 

This variation of either input or out nedance, especially 
ow volume settings, may cause changes in the frequency 
response of the stage and therefore, a control of this kind 
Gotreentipe smite ta SiEsunic atau require a constant 
impedance, However, you will find this type of control com- 
monly used_both in radio receivers and_p-a amplifiers because 
the variations of frequency response, caused by changes of 
volume setting, are not sufficient tobe objectionable except 
where high fidelity reproduction is desired, 


———————— 






L TYPE VOLUME CONTROL 


Many of the troubles caused by changes of load in grid cir- 
cuits are overcome by the L type slide wire volume control of 
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Figure 5C that includes two separate resistances, R1 and R2, 
with a common slider which makes contact with both, Conven- 
tionally, plate current in R3 provides the grid bias for the 
tube. 


Checking over this circuit, you will notice R1 is permanently 
connected across the pickup P the same as the rotenviometer 
of Figure 5A, Instead of-connecting directly to the grid of 
the tube V, the slide also operates’on the other resistance 
Re which is in series with the grid. As the volume is reduced 
by moving contact A toward the lower erd of R1, contact B 
moves toward the lower-end of R2, Thus, as’ that part of R1 

in the grid circuit is reduced, this loss of resistance is 
compensated by adding more of R2, 


Wen properly designed,.a volume control of this type will 
maintain a constant impedance across the pickup and also a 
‘constant impedance across the grid, or input circuit, of the 
ube. as been used with very good results bo as input 
and _volune Controi—for“indivitnal speakers and-hesdpnones. 






<= TyPR VOLUME CONTROL. 

An improved tyne of constant input and output impedance volume 
control is the T arrangement of Figure 5D which has three 
separate pésistances, Rl, R2 and R3, each with a’sliding con- 
tact rerresented by the double pointed arrow "B", All three - 
sliding contacts are connected electrically and move together. 


With slider B moved to the top of Figure 5D, resistance R2 is 
shunted across both the pickup and transformer primary while 
Rl and R3 are not active in the circuit, Kor best results, 

the value of R2, the i ance of the pickup Pl, and the pri- 


mary of the transformer should be equal, and as we will explain 


later, resistances Rl and RZ should have a value equal to that 
OL Re, 
Peace 









Starting with slider B at the top, there is the maximum coupling 
between the pickin and transformer’ primary because the maximum 
pickup voltage is across them both. As the bar is moved down, 
a part of resistance Rl is added in series with the pickup, 

and part of resistance R3 is placed in series with the trans- 
former primary, As these resistances are equal and the sliding 
contacts are fastened together, an equal amount of resistance 
has been inserted into each circuit. At the same time, an 
equal amount of resistance R2 has been cut out of the circuit, 
therefore, while the value of resistance across the pickup or 
transformer primary has not been changed, the coupling between 
them has, 


Lesson. FIR-19 Page 12 


For example, suppose the pickup and transformer primary each 
have an impedance of 500 chms. As we explained before, R1, 
Re and R3 will also have a value of 500 ohms each. With the 
contact arm set exactly in the center, as shown in Figure 5D, 
across the pickup there will be 250 olms of R1 plus 250 ohms 
of R2, for a total of 500 ohms.* Looking at the output side 
of the circuit, there will be 250 ohms of R3 and 250 ohms of 
Re for a total of 500 ohms across the transformer primary, 
With the contact arm four fifths of the way down, there will 
be 400 ohms of R1 and 100 ohms‘of R2 for_a total of 500 ohms 
across the transformer primary. St ea ee See 


Suppose now the pickup produces 5 volts. With the bar all 

the way up, all this voltage will appear across R2 and also 
the transformer primary. With the bar half way down, part 

of this 5 volts will be lost by the drop across that part 

of Rl which is in series with the pickup, The remaining 
voltage across R2 will not all be applied across the trans- 
former primary because there will be a drop across that part 
of R35 in series with the transformer. Thus, without changing 
the value of resistance across either the input or output cir- 
cuits, adjustment of bar B controls the output. It is because 
the impedances are matched .at all times that the T type of 
volume contror a i “Bl iceable attenuation of 
any frequency at any setting. i 

















TONE CONTROL CIRCUITS 


The action of series and parallel circuits containing induc- 
tance, capacitance and resistance are used in many ways for 
controlling or imyroving the frequency response of audio ampli- 
fiers. For example, alow pass filter will reduce the higher 
frequencies and thys_emphasize the lows while a high pass 
filter will reduce the lows and_emphasize the highs. By making 
either or both of these adjustable, we have a Tone Control, 
Figure 6A shows the circuit of one.of the simplest and perhans 
most common t3ne.oftonecontrol. The complete circuit com- 


“prises a resistance counled audio amplificr stage in which the 
resis to ryes_ asthe grid load, - as the bias resistor and 
R3Z_as_ the Without considering C and Re. weswill 


assume that the frequency response of this state is perfectly 
flat, That is, with constant input voltage both hich and low 
frequency voltages appear across the plate load R43 with equal 
amplitude, 
pa 


ape paosume that Gand Re-are connected in the circuit with 

e movable contact at the upner end of R2, In effect, this 
removes the resistance and-places the condenser C between the 
plate-or tube-Vvand ground. As the reactance of a coidenser 
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ies inversely as u it will provide a compara- 
-tiv tow reactance path for the high frequencies thereby re- 


ducing” the voltage drop across the plate load resistor R3, 
UsdeE these Conditions, the frequency response of the stage is 
no longer flat-and—the higher frequencies will be attenuated 


Perr a ne 
by an amount devending upon the value of C. 








The series tone control arrangement of Figure 6A is sometimes 
employed in the control grid circuit, with the _condens.er—C—and 
ne . ora SO Ya Re * * - * . 
registance R2 connected in series from the grid to sround. 

€ BCODUCTY 


The action however, is etactly the same_as explained above. 








The circuit of Figure 6A will attenuate only the high frequen- 
cies, and to attenuate either the highs or lows, the circuit 
of Figure 6B is sometimes employed. Notice that the amplifier 
stage is exactly.the same as that in Figure GA while the tone 
control made wp of thé condenserg C, Cl_and C2 together with 
the variable resistors R2 and R4 is ‘like that shown in Figure 
seeeeresices rece 
[3, The varianle resistances are "ganged" controlled by 
the same shaft, and the broken line below R2 indicates an 
\SpenwHile the solid line above R} indicates a direct con- 


nection, 


To use definite values, we will assume that R2 and R4 each 
have a resistance of 500,000’ohms while C is .02 mfd, Cl is 
-05 mfd and C2 is ,00075 mfd. With the movable arm in the 
position shown in Figure @, condensers C1 and C2 connected 
in parallel couple the signal to the grid of the next stage, 
and_their values are such that a flat frequency response is 
obtained, a oS a re aaa 





With the control shaft turned so that the movable contacts 
are_al of R4, the R2-C circuit which corres- 
nds_t 4 i 5 280) S_ causes no high 


Se arsenal teh ane aprnmee as the_500,000 ohms . 
Qf R4 is in series with coupling condenser (1, thereby in- 

creasing the impedance of its circuit. In effect, this re- 
duges the total coupling capacitance and causes greater 


attenuation of the lower frequencies, 





With the control shaft turned so that the movable contacts 

are at the upper end of R2, condenser C is connected directly 
from the tube plate to ground and attenuate the high frequen- 
eles as explained for Figure 64. At the same time, condenser 
Cl is connected directly in parallel with condenser C2 to 
provide maximum coupling capacitance with minimum low frequency 


‘ 
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attenuation, By placing the movable contacts anywhere between 
the extremities we have explained, the desired degree of at- 
tenuation of either the high or low frequencies can be obtained, 


BASS COMPENSATION 


The characteristics of the human ear are such that when sounds 
are reproduced at lower than normal volume levels, the low 
notes appear to be abnormally weak, while when the sound is 
reproduced at greater’ than normal level, the low notes appear 
to be abnormally loud. Therefore, the manual volume control 
of many radio receivers and audio amplifiers is arranged so 
that, at low levels, the intensity of the low notes is not 
reduced as much as that of the higher frequencies, A typical 
circuit of this type shown in Figure 6C, is commonly referred 
Bass Compensation". 





Starting at point X, the input circuits include potentiometer 
R, which is tapped“toward its lower end, and from the tap, 
@ondenser C and resistor R2 are connected in series to ground, 
The movable contact of the potentiometer, connected directly 
to the grid of the tube, allows any value of voltage drop 
across R, from zero to full potential, to be applied across 
the grid circuit. Due to this action, the potentiometer acts 
as a volume control, 


At_low volume-settings of the control, the active section of 


the potentiometer is shunted to 1 rough a resi ce 
and capacitance combination which as explained for Figure 4A, 


attenuates the higher ies, With the control set in 
high volume positions, that part of R, in series with C and 


R2 acts to cause but Litt attenuation of any frequency, 


COMPENSATED VOLUME CONTROL 


If, in the arrangement of Figure 6C, an inductance L is con- 
nected in series with C and R, to make the circuit resonant 

at about 1000 cycles where the ear has the greatest sensiti- 
vity, then the audio frequencies in this region receive greater 
attenuation than those at the higher and lower frequencies. 
This series resonant circuit is a form of an acceptor circuit, 
sometimes called a "trap", and_i bday - 


olled by the value of R. Larger values of R will decrease 
the attenuating effect of the tuned circuit Ags _ this circuit 
arrangement gives an apparent boost of both the high and_low 
acgre arequenoten, is called a "Compensated Volume Control", 
in contrast with the bass compensated circuit of Figure . 


—=_— 
BASS BOOSTER 


The circuits of a simplified "Bass Booster" are shown in Fig- 
ure 6D, whigh instead of attenuating the highs in order that 
ae eee oe ——s 
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the low notes will be more pronounced, amplifies the low fre- 


quencies more than the highs, 


Checking the circuits, you will find that the input signal 
voltage, impressed across the volume control R, has two paths, 
One is from the upper end &,R to the grid of Vl while the 
other is from the movable contact to the left hand grid of Ve, 
to provide what might be called a dtial chamel audio system. 


Following the signal voltage from the grid of V1, it will 
appear across the plate load made up of the tuned_circuit L-C. 
From_here, it is cour: potentiometer R2, by condenser Cl, 
and impressed o ant a grid of V2. As explained in 
the earlier lessons, a tuned parallel circuit offers maximum 
impedance at resonance and in a voltage amplifier stage, the 
gain increases with an increase of plate load impedance. Apply- 
ing these principles in the circuit of Figure 6, L and C are 








Thigher frequencies 
or "boosted". 
(ale 





Thus the original signal voltages are impressed directly across 
the left grid circuit of V2 through the sliding contact of 
volume control R, while the bass boosted signals are impressed 
across the right grid circuit’ of V2 through the sliding con- 
tact of the "Bass" control R2, Both plates of V2 connect to 

a common load, therefore the signal output voltage is a com- 
bination of both inputs. In practice, control R is set to 
provide the desired volume level and control R2 is adjusted 

to provide the desired bass boost. 





P-M SPEAKERS 


The basic principles of dynamic speakers have been explained 
in former lessons, and therefore it is known that their opera~ 
tion does not depend upon the manner of obtaining a strong 
magnetic field flux, Recently developed magnetic alloys have 
made it possible to dispense with the field coil and achieve 
comparable results using Permanent Magnet dynamics, more com- 
monly abbreviated "p-m" speakers, 


Figure 7 shows a cross sectional view of a "ying" magnet type 
of p-m speaker,’and as the fundamental parts are associated 

in the same way,’the basic action is like that of an electro- 
magnetic speaker, Other designs make use of the same principle 
except the core is replaced with a "slug" magnet of the proper 
strength and the outer shell or case is made of lighter matertal 
as it merely provides a magnetic path to the air gap. 
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As far as tone quality and frequency response are concerned, 
similar sizes of’ electro-dynamic and p-m speakers are very 
nearly identical, The larger sizes of p-m's cost more than 
the equivalent dynamic, but for remote placement of speakers, 
the p-m has the advantage of requiring but two conductors 
fron the audio amplifier. 


BASS REFLEX PRINCIPLE 


To improve the audio frequency range of speakers, one effective 
method of extending the bass response and reducing cabinet 
resonance is to cause the back wave from the moving cone to 

add in phase to the frontal wave moving forward from the face 
of the cone. In Figure 8 we show the front and sectional side 
views of a tynical Bass Reflex speaker cabinet which operates 
on this principle and in comnaratively small space, provides 
reproduction similar to that of a speaker mounted on an ex- 
tremely large flat baffle. 


The action can be shown by the sound wave motion of Figure ¢B, 
where the solid semicircles, moving out from the cabinet repre- 
sent the frontal wave. Similarly, the solid circles inside 
the cabinet represent the waves which are 180° out of phase 
with the frontal waves, If the dimension "D" is of the proper 
length and the port area is in the correct position, the re- 
flected waves shown by dotted half circles will build up a 
standing wave and be in the correct phase relationship to add 
to, or reinforce, the frontal wave. The overall action is to 
extend the bass response and to partially climinate the cabi- 


net resonant effects i back cabinet 


that very often occur in open 
Lee ec cememrneinneiannisns Tati TT aE a ata ee 


baffles. 


Another method of improving the bass response is to place the 
speaker driving unit in an enclosed cabinet and then cut suit- 
able driving unit in an enclosed cabinet and then cut suitable 
slits, usually in the back, for the escape of the back wave, 
Some enclosures are made‘air tight and the inside is lined 
with absorption material. The stiffness due to air compression 
in the enclosure acts to aid in radiation of lower frequencies, 


DISTRIBUTION ANGLES 


You may have noticed the difference in the quality of sound 
emitted from a given speaker at different angles with respect 
to the axis of the cone, For example, in Figure 9, a listener 
at Ll’ would not hear the same quality of sound as a listener 
at Le, As high frequency waves, above about 3000 cycles, seen 
to travel in narrow beams at an angle of about 20° with the 
axis of the cone, the listener at Ll wovld hear predominately 
the lower and middle frequencies, while the listener at 12 
would hear the high frequencies also. 
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The angle of radiation of "beam like" distribution at high 
frequency widens out as the frequency decreases. However, 

as it is the higher frequencies in speech and music which give 
understandability and brilliance, it is desirable to diffuse 
or conduct the higher notes to all parts of the listening areca, 


To accomplish more uniform distribution of sound at all fre- 
quencies, several. methods are used, one of which is shown by 
Figure 10. Here, in the top view at A and side view at B, we 
show vanes which, if you visualize Figure lOA replacing Figure 
9, will cause the high frequency radiation to be spread, There- 
fore, with the vane diffusers, listeners at Ll and Le of Figure 
9 would hear very nearly the same provortion of high and low 
frequencies, 





The vanes of Figure 10 cause’ spreading of the high frequencies 
only in the horizontal plane. Normally this is sufficient for 
room reproduction of audio programs, but should a greater spread 
or distribution be desired, vanes can be placed horizontally to 
provide vertical distribution, Figure 114 illustrates the 
double vane idea carried a little further in that the vanes now 
take the shane of a multicellular horn, Loudspeakers of this 
type are primarily for use in Public Address installations such 
as theaters, skating rinks, churches, etc. 





In order to achieve 360° sound distribution, the plan of Figure 
11B can be used. The entire unit is suspended from a suitable 
support and because of the shape of the upper and lower de- 
flecting plates, as indicated by the arrows, sound waves will 
spread in a 360°’radiation angle with the vertical axis of the 
speaker assembly, The driving unit is contained in a suitable 
metallic housing which in turn is attached to the polished de- 
flecting plates, 


TWO WAY SYSTEMS 


Earlier in this lesson, we explained the bass reflect principle 
to increase the bass response of a speaker and although not 
mentioned previously, we show a high frequency speaker unit in 
the cabinet enclosure of Figure 8, 


It has been found that a single cone speaker does not adequate- 
ly cover the extended frequency range desirable in high quality 
reproductions, If frequencies from about 40 to 15,000 cycles 
are desired, this can be accomplished best by using two separate 
speakers -- a_‘iwoofer" for low frequencies, and a 'tweeter" for 
high frequencies, to provide a two way system. The woofer can 
€ S ved with a rather large cone area and heavy 

voice coil in order to develop the necessary power to radiate 


low notes. For high frequencies, the cone area can be small 
SS oe 
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and the voice coil can be light to move more rapidly and with 
smaller power requirements, 


To direct the electrical currents of high and low audio fre- 
quencies into their respective channels, a frequency divider 


filter system is needed. ( Er ee 


As shown in Figure 12, in simplified form the filter consists 

of an inductor, Ll and condenser C2 connected in series across 
the amplifier output. Due to the relationship between frequency 
and reactance, with a low frequency amplifier output voltage, 
most of the dro» will appear across the condenser while, with 
a high frequency amplifier output voltage most of the drop will 
appear across the inductor. The value of which both reactances 
are equal is Imown as the "cross-over" frequency. 





With the high frequency speaker connected, across the inductor 
and the low frequency speaker connected a@cross the condenser, 
the desired range of frequencies is impressed across each. 
Condenser Cl and inductor L2 act as an added high pass filter 
section in the high frequency speaker circuit to provide a 
sharver cut-off of the lower frequencies. 


One model of a two way speaker system uses the plan of support- 
ing the’ high frequency speaker in the cone cavity of the large 
speaker. For example, imagine the high frequency unit of 
Figure SB properly supported in the center of the large cone 
area of the sneaker just below, Such a method simplifies 
cabinet construction and, at the same time, provides some 
sound distribution. 


Another two way speaker design system provides for the mount- 
ing of the high frequency unit on the rear of the woofer cone 
driver, and the high frequeney sound is fed through a passage 
in the center of the woofer pole assembly. In effect, this 
passage is a horn, the cross section area of which expands for 
proper distribution of the sound waves, 


EFFICIENCY 
Very little has been said about the efficiency of a speaker, 
That is, the conversion of electrical power to acoustical 
energy. It is very difficult to obtain the necessary data 
for determining speaker efficiencies, and such calculation is 
usually performed only by the manufacturers in the research 
laboratories, However, we want to give you an idea of the 
relative capabilities of different speakers, and it may sur- 
prise you to learn that loudspeakers are not very efficient. 
he efficiency of a loudspeaker may be defined as the ratio 
of the useful power output (acoustical) to the electrical 
input (watts) exnressed as a percentage. 
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In the following table the values are general deductions based 
on the use of a 400 cycle test note which approximates the 
most predominate frequencies in musical reproductions, 


SPEAKER TYPE EFFICIENCY 
Small Cabinet 5 to 10% 
Large Baffle 5 to 10% 
Directional Baffle 7 to 20% 
Projection (Horn) 10 to 30% 


SELECTION OF SPEAKERS 


The size and tyoe of speaker system in an installation is 
governed almost entirely by the size, type and location of 
the audience to be covered, the type of sound to be rerroduced 
and the psychological reaction desired, Therefore each in- 
stallation must be analyzed before logical conclusions can be 
reached, hs x 


For an indoor installation considered quiet, such as the small 
office, theater, class room, hospital, church and funeral par 
lor, about 5000 square feet of spate can be covered ner 5 watts 
of audio power. This is considered only as a "rule of the 
thumb", and is subject to considerable variation with each in- 
stallation, 


More definite aprroximations of required power are shown by 
the graph of Figure 14, The upper limits of shaded area should 
be used for locations with high noise level, or where maximum 
fidelity of music is desired, Noise decreases the _intelligi- 
bility of speech so the required level of the reproduced voice 
must be boosted to overcome this effect, For example, if the 
volume of the enclosure is 40,000 cubic feet, reading from the 
graph, the required power is approximately 5 watts for quiet 
installation, For high noise installations, the required power 
is approximately 10 watts, It will be noticed that the power 
variation between noisy and quiet installations increases with 
the volume, 


For outdoor installations, the required audio power is roughly 
D watts per thousand square feet, Of course, the surrounding 
outdoor noise level and the indoor noise level and acoustics or 
a room has considerable bearing on the final choice of the 
speakers, In order to meet emergencies it is advisable to pro- 
vide a system with a reserve power up to three or four times 
the estimated requirement, 


To create the desirable illusion that all sound is heard from 
its point of origin, the Speakers should be located as close 
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to the source as possible. For outdoor installations this re- 
quires higher powered speakers than if the sound were repro- 
duced at various points throughout the audience, but eliminates 
the distracting effect of watching a performer in front and 
hearing his voice from behind or overhead, Whenever it is 
necessary to distribute sound other than from its point of 
origin, it is advisable to operate the system at as low a level 
as is consistent with intelligibility. 


Where the reproduction of both voice and music is required, a 
large horn, baffle or suitable speaker enclosure is of impor- 
tance in order to reproduce the low frequencies. In this in- 
stance a speaker arrangement like that described for Figures 8 
and 12 would be preferred, In place of the high frequency cone 
speaker, the multicellular speaker like that of Figure 11A 
could be used, By vroper selection of the "cross over" fre- 
quency, the cellular horn could be used for reproducing the 
voice frequencies, and both speakers for full range sound. 


Looking down, Figure 15 shows the relative angles and depths 
of audience coverages with three popular arrangements of speak- 
er baffles and it will be noticed that the greatest intensity 


of sound is along the axis of the speakers, The flat baffle 
of Figure 153A is in most common use, and it spreads ‘the § . 


over the widest possible area, The project ye baffle of 
Figure 13B is suitable for a more concentrated distribution 
of sound as it provides a sharper angle of coverage with pene- 
trating tones for forcing sound under balconies, and out over 
areas like athletic fields, When it is desired to concentrate 
the sound into a comparatively narrow beam, the trumpet ar- 
rangement of Figure 13C is most.efficient. This tyne is used 
more extensively for stadiums, grandstands, belfry chime 
systems, and in noisy locations where highly directional char- 
acteristics are desired. 


One factor to keep in mind is the distance over which the sound 
must be projected from given speaker system, Sound energy 
diminishes approximately as the square of the distance from the 
source, For example, if a speaker system provides the desired 
sound at a distance of 50 feet with an input of 5 watts, at 
ten times the distance, 500 feet, 10 x 10 x 5 or 500 watts 
will be required, Therefore, both the speakers and amplifier 
system must have ample reserve power, 


PLACEMENT OF SPEAKERS 


In most installations, the speakers are placed above and near 
the microphone in order to allow their sound and that of the 
performer to reach the audience at the same time, If the 
speaker is remote from the source and a listener near the 


Lesson FIR-19 Page 21 


performer, the waves arrive at'slight differences in time, 
and result in indistinct sound, 


In connection with the problem of obtaining most uniform 

sound distribution in front of a horn loudspeaker, Figure 15 
shows a method by which it can be made reasonably uniform on 

a path between the loudspeaker and a point at a given distance 
directly in front. This requires that the speaker be mounted 
at a height "h" and directed dowmrard at a tilt angle "s" so 
that listeners along the floor line, CBA, hear the same volume 
of sound, 


For example, assume the horn speaker of Figure 15 provides a 
distribution pattern similar to that of Figure 13C so that at 
30° off the axis the sound pressure of some selected frequency 
is reduced 50%, Then, a listener at B should hear but half 
the volume as listener at A long the axis. However, with "h' 
and "s!' at proper.value, the listener at B is but half the 
distance from the horn, D/2, as the listener at A, and there- 
fore both hear the same volume of sound. 


Although there’ are many configurations of auditoriums, halls, 
ballrooms, etc,, Figure 16 is a typical floor plan of two 
common sound reinforcement arrangements, If the avditorium 
of Figure 164 has dimensions of 110 feet in width by 45. feet 
in length with a ceiling up to 20 feet, its volume is 99,000 
cubic feet, Considering the noise level to be reasonably low, 
and determining the required power on the basis of 100,000 
cubic feet, the curve of Figure 14 shows a minimun require- 
ment of 30 watts, Therefore, one 50-40 watt amplifier would 
be recommended with four 10 watt speakers arranged as shown. 


If the ballroom of Figure 168 is 100 feet in length by 40 feet 
wide with a ceiling height of 15 feet, its volume is 60,000 
cubic feet, Considering the noise level to be high, the 
curve of Figure 14 shows a required power of approx imately 

17 watts, Therefore, one 15-20 watt amplifier would be rec- 
ommended, with two 10 watt baffle type speakers placed as 
shown, 


In auditoriums smaller than those indicated for the above re- 
commendations, only one speaker may be needed, and it should 
be placed above the microphone, and slightly forward in the 
direction of the audience, 


The placement of speakers for outdoor stadiums requires a 
different plan to arrive at adequate distribution, In gen- 
eral, projectors or trumpets are placed to direct the sound 
toward the stands, Depending on the sizeof the stand, one 
Speaker may serve for one or two sections, The speaker should 
be placed 25 or 50 feet in front of the stand, and high enough 
to tilt slightly toward the main body of the audience, 
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PREVENTION OF FEEDBACK 


The placement of the speakers has been generally covered only 
with respect to area, but it is also necessary for the loud- ~ 
speaker to be placed in a position to minimize acoustic feed- 
pack, Feedback is caused by sound, produced by the speakers 
which returns to the microphone and builds up to a "howl", 
which destroys all other sound except itself, To prevent feed- 
yack, the speakers are placed or positioned so that the sound’ 
does not return to the microphone with any degree of strength, 


When the possibility of feedback still exists, although the 
speakers are suitably placed, it may be necessary to use uni-~ 
directional microphones in order to minimize the action, 


Another corrective measure forpermanent installations is that 
of treating the room acoustically. This is recommended only 
when the reverberation is unusually high, and the treatment is 
an improvement in Nacoustical presencel', 


IMPEDANCE MATCHING 


In the output circuit of an audio amplifier, the plate circuit 
of the output tubes can be considered as the generator’ or 
source and the voice coils of the speakers as the load, Like 
any other a-c system, the maximum transfer of energy occurs 
when the impedance of the source equals that of the load. In 
this case the impedance of the source can be found for any 
particular type of output tube by checking the recommended 
value of "load resistance! as given in a table of tube charac- 
teristics, For the common types of tubes, the recommended load 
resistances vary from about 1000 ohms up to 30,000 ohms and 
‘above. - —- ee Sve BL {OOoWteNnieh: 


Measured usually at 400 cycles, the voice coil impedance is 
much lower than the recommended value of load resistance, 
therefore an imoedance matching output transformer is install]- 
ed as a coupling unit. Connected in series with the plate of 
the output tube, the transformer primarily becomes the actual 
load but its effective value of impedance is controlled by the 
turns ratio and voice coil impedance, 


For example, assume 6 watts of power develoved in a 3200 ohm 
load resistance is to be coupled to an 8 ohm speaker voice 
coil. For the load resistance: 


g = wR = V6 x 3200 = 19200 = 140 volts (approx) 


I = W/E = 6/140 = ,0428 amp = 43 ma (approx) 
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For the voice coil: 
b= R = 6x 8 = NB = 6.9 = 7 volts (anprox) 
I = W/E = 6/7 = .857 amp = 860 ma (approx) 


The voltage ratio is 140/7 = 20 and assuming a perfect trans- 
former, it should have a step-down turns ratio of 20 to l. 
Under these conditions, for equal power, the secondary current 
will be 20 times that in the primary. Thus, by transformer 
action, in this example, the 8 ohms impedance of the voice 
coil appears, or is reflected, in the plate circuit as 3200 . 
ohms, The impedance ratio is 3200/8 = 400 and the square 
root of 400 = 20 which is the turns ratio, As this relation- 
ship holds true in all similar cases, as a general 


n= [> 


1&5 


When N = turns ratio of the transformer 
= effective or required plate load impedance, in ohms 
Zs; = impedance at secondary load, in ohms 


In practice, a transformer with a turns ratio for exact im- 
pedance match is not always available and in some cases a mis- 
match as high as 25% is not ob jectionable, However, for great- 
est efficiency and lowest distortion, the mismeccn should 
provide an effective plate load impedance that is greater than 
the recommended value, 


TRANSMISSION LINES 


In addition to the impedance match of the output transformer, 
two other factors are important when connecting speakers to 
an amplifier, First, the power loss due to line resistance 
and second, the high frequency loss due to the line capaci~ 
tance, In general, if the distance between the amplifier and 
speaker does not exceed 30-35 feet, the impedance of the con- 
necting line is not important and the most convenient value 


may be used, Fox greater distances, it is necessary to take 


the resistance and canacitance of the leads into consideration, 
———————— a 


If a line is operated at the voice coil impedance, its ohmic 
Vata should not exceed about 15% of that voice 
in ord to limit the line power loss to approximately 
1st of the power delivered to the speaker. 
eee 


When the line power loss exceeds 15% it is preferable to use 


2 transmission Line {500~ -600 ohms) with eff efficient impedance 


matching line transformers each end, The line loss, due 
re, aS, 
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pepe Hance Syabing effects, increases with the impedance 

the line, That is, at low values of line impedance (voice 

SSI ENE simting effect is very nearly negligible. However, 
the shunting capacitance becomes an important factor when the 
impedance of the line is high particularly when it is in the 
input circuit of a sound system. 


SPEAKER PHASING 
For installations with more than one speaker, it is important 
to connect them so that all the cones or diaphragms move in 
the same direction at the same instant. Unless this is done 
the total output will be reduced materially, because sound 
waves from one speaker will tend to cance]. those from another, 
To obtain the desired conditions, it is neceggary to "phase 


the speakers by checking the direction of cone movement with 
the polarity of an applied voltage. ; 


To make the test the speaker must be in operating condition 
therefore, the fields of dynamic speakers must be excited and 
humbucking coils shorted temporarily, A standard #6 dry cell 
provides a low voltage d-c sound and, for convenience a short 
length of wire is connected to each of its terminals, The dry 
cell is then connected momentarily as is each voice coil in 
turn and its cone is matched to check the direction of its 
initial movement or "jump" as the test circuit is closed. 
Usually the cell. connections are reversed if necessary so that 
all cones jump in the same direction, in or out, and the voice 
coil terminal connected to the dry cell positive is marked for 
identification, 


For parallel operation, all the marked terminals are connected 
to one side of the line and all the remaining terminals to the 
other side of the line. For series operation, marked and un- 
marked terminals are connected like terminals in the usual 
manner for series circuits. 


If it is desired to phase several speakers each having its own 
transformer attached, the same procedure is followed except 
that a battery of about 22.5 volts is connected across the 
primary of the transformer, Voice coil leads must be attached 
to the transformer secondary, and bucking coils shorted out 
temporarily, Figure 17 shows the arrangement of this phasing 
test whereby the d-c voltage is "touched" to lines x and y, 
while noting the direction the cone moves. Any color coding, 
terminal identification or wire position is then recorded so 
that the desired operating conditions can be obtained. 


POWER SUPPLIES FOR MOBILE P-A SYSTEMS 


Previous explanations of p-a systems have assumed that the 
conventional 110-120 a-c 60 cycle source of power has been 
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available for the oneration of the equipment. However, many 
instances require that sound systems be mobile in nature and 
under such conditions the source of power may be — : 
batteries or (b) Prime mover (gas engine) type a-c generators, 


Operation from d-c sources*is accomplished by two general 
types of power supply equipment, One incorporates a vibrator 
and operates on the principles explained for auto radios while 
the other employs rotating machines, known commonly as Dyna- 
motors and Rotary Converters. 


DYNAMOTOR 


As shown in the simplified sketch of Figure 18, a dynamotor 
consists of a low voltage d-c motor, designed to operate on 
a low voltage storage battery supply. “The armature carries 


a second winding, with a comparatively large number of turns, 
brought out to a second commutator and set of brushes, 





Revolving with the motor armature, the turns of this second 
winding cut the magnetic flux developed by the shunt field 
coils and thus operate exactly as the armature of a generator, 
The commutator and brushes provide a d-c output while the 
large number of turns of the armature winding produce the re- 
quired high voltage. 


You can think of this arrangement as a low voltage d-c motor 
driving a high voltage d-c generator but 
Space; In the same frame and magnetic c 

its. Thesoverall effect is much like that of a step-up trans- 
former except that a low voltage d-c input provides a high volt- 









ROTARY CONVERTERS 


As shown in the sketch of Figure 19, the rotary converter is 
mechanically similar to the dynamotor with a shunt wound 
motor operating on a d-c supply, The armature has but one 
winding and, instead of a second commutator, a pair of insu- 
lated slip rings are mounted on the shaft. The rings are 
connected separately to diametrically opposite points on the 
commutator and contact stationary brushes connected to the 
external output circuit, As the armature rotates, the rings 
connect alternately to the d-c brushes and thus there is a-c 
across them. 


The main function of the motor is to revolve the armature so 
that the commutator and its brushes will act as a reversing 
switch between the d-c input and a-c outrut. Thus the fre- 
quency of the a-c output depends on the number of field poles 
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and the speed or rpm of the armature. Ignoring any losses, 
the d-c input voltage equals the maximum value of a-c output 
voltage so that an ordinary a-c voltmeter connected across the 
slip rings will read the effective a-c value which is equal to 
«7 of the maximum, With a 12 volt-d-e~input the output would 
be 12 x .7 = 8,4 volts a-eréffective, but by means of trans- 
formers, this low voltage a-c can be stepped un to the desired 


"ll aoe 


In mobile sound systems where the required power input is quite 
high, and time of service is longer than can be sunplied by 
storage batteries, it is feasible-to-drive am a=ce-generator 


with a small gasoline-engine,._—__ 







The sound systen use motign ploture eater -tonaiess—oF 
a photo-eléctric cell pickip device, audio frequency lifiers, 
snea! zThe pickupldevice serves to convert 
tHe light variations produced by the film "sound track" into 
corresponding electrical variations, The latter are then ampli- 
fied and fed to the speakers which are located behind the screen 
on which the picture is projected. 
aR RTT ne a hn yy — 
A photo-electric cell is similar to a radio tube in appearance 
and contains two elements, one of which the cathode is coated 
with a light-sensitive material such as Potassium or Caesium 
and the other serves as the anode or plate, The cathode coat- 
ing material emits electrons when exposed to light and if the 
photo-electric cell (vec) is connected into a closed circuit, 
it will produce current the amplitude of which will be’ propor- 
tional to the intensity of the light striking the cell. 


aia. ae : 
The sound track on a movie film consists—usually of a strip 
along one edge of the film, This strip varies in transparency 
from point to point at the rate of and in proportion to the 
amplitude of the sound signals which accompany the picture, 


The sound track transparency-variations are chanféd-to audio 
frequency electrical variations by causing a steady light to 
strike one side of the track, while a,pec,placed on the other 
side of the film, will be affected more*or less from instant 
to instant in accordance with the varying amounts of light 
transmitted through the sound track, The pee current, vary- 
ing at audio frequencies, passes through a series resistor and 
the a-f voltage drop thereby produced is applied to the input 
of the amplifier system. From here on the circuits are much 
like those of the p-a systems described in this lesson, 
Cad TM eae Lacerta: 
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RADIO INPUT 







gran 
to be heard by a large group of people. Since the output of 


the ‘Wétettor will usuall be on the order of a few volts, the 

p-a system phono input_should be used. Some commercial audio 

amplifiers include an input_connection which is specifically 
7 CRITI ae 
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